
(19) United States 
(12) Patent Application Publication (10) Pub. No.: US 2002/0126626A1 

Singh et al. 

US 2002O126626A1 

(43) Pub. Date: Sep. 12, 2002 

(54) 

(75) 

(73) 

(21) 

(22) 

(60) 

SYSTEMAND METHOD FOR 
CONFERENCING IN INTER/INTRANET 
TELEPHONY 

Inventors: Kundan Singh, New York, NY (US); 
Gautam Nair, New York, NY (US); 
Henning Schulzrinne, New York, NY 
(US) 

Correspondence Address: 
BAKER & BOTTS 
30 ROCKEFELLER PLAZA 
NEW YORK, NY 10112 

Assignee: THE TRUSTEES OF COLUMBIA 
UNIVERSITY IN THE CITY OF NEW 
YORK, New York, NY 

Appl. No.: 10/085,837 

Filed: Feb. 28, 2002 

Related U.S. Application Data 

Provisional application No. 60/272,201, filed on Feb. 
28, 2001. Provisional application No. 60/280,783, 
filed on Apr. 2, 2001. 

Publication Classification 

(51) Int. Cl." ........................................................ H04J 3/16 
(52) U.S. Cl. ............................................ 370/260; 370/465 

(57) ABSTRACT 

A conferencing Server is provided for a data network tele 
phony System for facilitating multi-party call conferencing. 
The conferencing Server generally includes a Session initia 
tion protocol (SIP) signaling interface and a media confer 
encing module. The media conferencing module includes a 
number of Selectable media decoders compliant with known 
media CODEC protocols, such as G.711. A number of media 
Stream queues S are Selectively coupled to the media decod 
erS for Storing the decoded incoming media Streams. Ajitter 
correction processor is provided to compensate for arrival 
time jitter in the data Stored in the media Stream queues. A 
mixer, which receives the jitter corrected data from each of 
the queues, generates an aggregate conferencing Stream of 
all active participants and generates individual participant 
conference Streams for each active participant in the con 
ference. A number of Selectable media encoderS are then 
used to encode the individual participant conference Streams 
in accordance with a media CODEC protocol supported by 
the respective participant. The encoded participant confer 
ence Streams are then distributed to the various conference 
participants via the data network, Such as the Internet. 
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SYSTEMAND METHOD FOR CONFERENCING IN 
INTER/INTRANETTELEPHONY 

0001. This application claims the benefit of United States 
Provisional Applications, Serial No. 60/272,201, entitled 
INTERNETTELEPHONY BASED ON SESSION INITIA 
TION PROTOCOL, which was filed on Feb. 28, 2001, and 
60/280,783, entitled CENTRALIZED CONFERENCING 
USING SESSION INITIATION PROTOCOL, which was 
filed on Apr. 2, 2001, the disclosures of which are hereby 
incorporated by reference in their entirety. 
0002. A computer program listing appendix is submitted 
herewith in duplicate compact disks comprising thirty eight 
computer readable (IBM Compatible, Microsoft Windows) 
files. The applicant reserves all copyrights in Such computer 
listings, however, reproduction of these files in connection 
with this application is expressly permitted. The content of 
the attached computer program listing appendix is incorpo 
rated herein by reference in its entirety. 

FIELD OF THE INVENTION 

0003. The present invention relates generally to the field 
of Internet and intranet telephony and more particularly 
relates to a network telecommunications System for per 
forming multi-party call conferencing. 

BACKGROUND OF THE INVENTION 

0004. The Internet has evolved into an essential commu 
nication tool for millions of users in the business, technical 
and educational fields. In this regard, a growing use of the 
Internet relates to Internet telephony which provides a 
number of advantages over conventional circuit-Switched 
network telephony Systems that are controlled by a Separate 
Signaling network. 
0005. An important feature in most modem telephony 
Systems is multi-party conferencing. Multi-party conferenc 
ing can range from Simple three party calls to multi-casts 
involving thousands of participants. Internet telephony Sys 
tems generally use either the H.323 signaling protocol or the 
Session initiation protocol (SIP) for signaling and call con 
trol functions. In the case of H.323, this protocol includes a 
defined multipoint control unit (MCU) for handling multi 
party conferences. Although SIP Supports various multi 
party conferencing models, there is no rigid definition for a 
conferencing entity in SIP. In addition, as the H.323 protocol 
and SIP continue to compete in the market place, it will be 
increasingly important to provide Systems which can effec 
tively establish conferences among users whose equipment 
is compliant with only one of these two Signaling protocols. 
0006 The session initiation protocol (SIP) is gaining in 
popularity as a Standard Signaling protocol for use in Internet 
telephony. AS this popularity grows, it will be increasingly 
desirable to provide a System architecture and method for 
providing improved conferencing Services in SIP based 
Systems. 

SUMMARY OF THE INVENTION 

0007. It is an object of the present invention to provide 
improved Systems and methods for multi-party call confer 
encing in a SIP compliant telephony System. 
0008. In accordance with the present invention, a net 
work telephony System is provided which enables multi 
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party conferencing Services. The System generally includes 
a data network, a number of user agents operatively coupled 
to the data network and a conferencing Server operatively 
coupled to the data network. The user agents are telephony 
endpoints, Such as Standalone Internet telephony appliances 
or personal computers with appropriate telephony Software. 
The central conferencing Server receives media Streams 
from a number of user agents which are to be conference 
participants, decodes the media Streams, queues the decoded 
audio data from each party, applies jitter correction to the 
respective decoded audio data, performs audio mixing, 
encodes the data and distributes the mixed audio stream to 
the conference participants. The mixing process is prefer 
ably performed Such that each participant receives the 
aggregate mixed audio less the participant's own audio 
component. 

0009. A conferencing server for establishing multi-party 
call conference Services in a data network telephony System 
in accordance with the present invention includes a Session 
initiation protocol (SIP) signaling interface and a media 
conferencing module. The media conferencing module 
includes a plurality of Selectable media decoders, a plurality 
of media Stream queues Selectively coupled to the media 
decoders, and a jitter correction processor. The jitter correc 
tion processor compensates for arrival time jitter in the data 
Stored in the media Stream queues. A mixer is provided in the 
media conferencing module to receive the jitter corrected 
data from each of the queues and generate an aggregate 
conferencing Stream of all active participants and also to 
generate individual participant conference streams for each 
active participant in the conference. A number of Selectable 
media encoders are provided to encode the participant 
conference Streams in accordance with a protocol Supported 
by the respective participants. 

0010. The individual participant conference streams are 
preferably formed by Subtracting the participant's own audio 
contribution from the aggregate conferencing Stream. 
0011. The selectable media decoders are generally 
arranged to decode one of a number of known media 
CODEC protocols. It is preferable for the particular CODEC 
protocol Selected to be determined by the media conferenc 
ing module in response to a SIP INVITE request message 
from the participant. When a number of inactive partici 
pants, i.e., listeners, share a common media CODEC pro 
tocol, a single media encoder can be used to encode the 
aggregate media Stream prior to distribution to those inactive 
participants. Thus it is preferred for the conferencing Server 
to determine the minimum set of media CODEC protocols 
Supported by the inactive participants and encode the aggre 
gate media Streams accordingly. 
0012 To enable conferencing with a wide variety of 
telephony endpoints, it is desirable for the conferencing 
server to include a SIP to H.323 signaling protocol gateway 
interface and/or a SIP to PSTN signaling protocol gateway 
interface, each coupled to the media conferencing module. 
0013 The present method of conferencing a number of 
conference participant audio Streams includes identifying at 
least one media CODEC protocol for each conference 
participant, decoding each audio Stream in accordance with 
a corresponding identified CODEC protocol, compensating 
each decoded audio Stream for arrival time jitter and mixing 
each of the audio Streams into an aggregate audio Stream. 
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For each active participant, that participant's audio Stream is 
Subtracted from the aggregate audio Stream to generate a 
corresponding participant conference Stream. The partici 
pant conference Streams are then encoded in accordance 
with an identified CODEC protocol for the participant and 
the encoded participant conference Streams are delivered to 
the corresponding participants. 
0.014 Preferably, the method also includes identifying a 
minimum set of CODEC protocol's for the inactive partici 
pants in the conference and for each CODEC protocol in the 
minimum Set of CODEC protocols, encoding the aggregate 
audio Stream in accordance with the Selected protocol prior 
to distributing the encoded aggregate audio Stream to those 
inactive participant's Supporting the respective CODEC 
protocol. 

0.015 The methods of the present invention are generally 
performed on a general purpose computer which is config 
ured by Suitable Software Stored or transported on computer 
readable media. 

BRIEF DESCRIPTION OF THE DRAWINGS 

0016 For a complete understanding of the present inven 
tion and the advantages thereof, reference is now made to 
the following description taken in conjunction with the 
accompanying drawings in which like reference numbers 
indicate like features and wherein: 

0017 FIG. 1 is a block diagram of a system for providing 
conferencing Services in a telephony System employing the 
session initiation protocol (SIP); 
0.018 FIG. 2 is a flow chart illustrating an overview of a 
centralized conferencing method in accordance with the 
present invention; 
0019 FIG. 3 is a simplified functional block diagram of 
a conferencing Server in accordance with the present inven 
tion; 
0020 FIG. 4 is simplified functional block diagram of a 
media conferencing module for a conferencing Server in 
accordance with the present invention; 
0021 FIG. 5 is a flow diagram illustrating the operation 
of the media conferencing module of FIG. 4; and 
0022 FIG. 6 is a flow diagram further illustrating the 
operation of the media conferencing module of FIG. 4. 

DETAILED DESCRIPTION OF THE 
INVENTION 

0023 FIG. 1 is a simplified block diagram illustrating the 
architecture of the present System for performing confer 
encing Services in connection with an Internet telephony 
System. The present System employs a centralized confer 
encing model wherein a conferencing Server receives media 
Streams from each of a number of conference participants, 
mixes the Streams as required and then distributes the 
appropriate mixed Streams to each of the conference par 
ticipants. 
0024. The system of FIG. 1 preferably operates primarily 
in accordance with the session initiation protocol (SIP) for 
Signaling and control functions. In addition, it is preferable 
for the System to include provisions for accommodating 
other Signaling protocols to provide for conferencing among 
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various forms of telephony endpoints. Media being trans 
ported in a network telephony System generally includes 
audio, Video, text, graphics and other data which can be 
transmitted via packet data. In data network telephony 
Systems, media is generally transported using the real time 
protocol (RTP), which is known in the art. 
0025 The system will generally include a large number 
of telephony endpoints, which preferably take the form of 
SIP user agents. For illustrative purposes, only two Such user 
agents 102,104 are illustrated. The user agents 102,104 can 
take on many forms, Such as Stand alone SIP telephony 
devices, which are available from a number of Sources or 
SIP client Software operating on a conventional personal 
computer, such as the SIPC Software available for license 
from Columbia University, New York, N.Y. Suitable SIP 
user agents are described in international patent publication 
WO 00/76158 entitled “Network Telephony Appliance and 
System for Inter/Intranet Telephony” published on Dec. 14, 
2000, which is hereby incorporated by reference in its 
entirety. 

0026. The SIP user agents 102, 104 are coupled to a data 
network 106, Such as an Ethernet network. The network can 
also be the Internet with user agents grouped under one or 
more Internet domains. The user agents 102,104 can access 
one another directly via network 106 (internally, peer-to 
peer), or externally from another Internet domain. SIP user 
agents 102, 104 can also access non-SIP based telephony 
endpoints, such as conventional telephones (POTS end 
points 108) via a SIP/PSTN gateway 110 or H.323 based 
Internet telephony endpoints 112 via a SIP/H.323 protocol 
gateway 114. 

0027 SIP user agents are capable of direct point-to-point 
call Sessions. However, the System can also include a 
Signaling Server 116 which responds to call requests from a 
SIP user agent 102, 104 and identifies the location of the 
called party. Preferably, the signaling server 116 is a SIP 
Server which can perform proxy and redirect Signaling 
operations. In SIP, each telephony endpoint can be referred 
to as a node and has a specific SIP address. By employing 
this specific address, any node acting as a calling party can 
directly initiate a call Session with any other node on the 
network. The signaling server 108 can be accessed by the 
various user agents 102, 104 on the network to provide 
enhanced Services, Such as a directory Service, call forward 
ing, call branching, call messaging and the like. For 
example, a calling party wishing to initiate a call to JOHN 
SMITH can enter the SIP address for that person if it is 
known, Such as Sip john. Smith(Gwork.com. If, on the other 
hand, the calling party does not know the SIP address of the 
party, the calling party can contact the Signaling Server 108 
with a request to begin a session with JOHN SMITH. 

0028. The signaling server 116 generally includes data 
bases with registration information for various parties and 
can return the SIP address to the calling party or forward the 
call request to the proper SIP address of the called party. In 
addition, the called party may have multiple SIP addresses 
Such S john. Smith(Ghome, john. Smith(Goffice, 
john. Smith(Gulab and the like. The Signaling Server can 
provide a Session initiation Signal to each of these addresses 
and establish a connection between the calling party and the 
first contacted node that responds to the initiation request. 
Similarly, parties can periodically register with the redirect 
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server to indicate the current SIP address where they can be 
contacted (call forwarding feature). In general, when a call 
is initiated, the Signaling Server 116 either proxies, redirects 
or rejects the call initiation message. Signaling Servers 116, 
such as SIP proxy servers are known. A suitable SIP proxy 
server can be implemented using the SIPD software avail 
able from Columbia University, New York, N.Y. 
0029. The system 100 also includes conferencing server 
118 which is coupled to the Signaling Server 116, user agents 
102, 104 and gateways 110, 114 via the data network 106. 
The conferencing server 118 will establish call sessions with 
each of a number of conference participants, receive media 
Streams from Such participants and then mix and distribute 
the media Streams as appropriate to enable the conferencing 
functions. While shown in FIG. 1 as separate operational 
blocks, the gateways 110, 114, signaling server 116 and 
conferencing Server 118 can be integrated into a single 
Server/gateway unit or distributed throughout the System in 
various hardware topologies. Whether Such functionality is 
consolidated or distributed is not critical to the present 
invention. 

0030 The conferencing server 118 is a centralized con 
ferencing Server which receives media Streams from a 
number of conference participants, decodes the media 
Streams, mixes the audio component of the media Streams 
and encodes and distributes mixed Streams to the conference 
participants. Preferably, the conferencing Server is capable 
of directly conferencing endpoints which employ different 
Signaling protocols, Such as H.323 and SIP, as well as 
different media CODEC protocols such as G.711, DVI 
ADPCM, GSM and the like. The media streams are gener 
ally conveyed using the real time transport protocol (RTP) in 
both H.323 and SIP 

0.031 FIG. 2 is a simplified flow chart illustrating the 
operation of the centralized conferencing Server. Conference 
participants are generally brought into a conference via a SIP 
INVITE request (step 210). Among other things, the SIP 
INVITE request will identify the participant and also pro 
vide information to the Server regarding those media 
CODEC protocols supported by the participant. Using this 
information, the centralized conferencing Server 118 can 
Select an appropriate CODEC for each participant. During 
the conference, media Streams are received from each par 
ticipant (step 220). 
0.032 Each media stream can include audio, video and 
other media data. For each participant Stream, an appropriate 
decoder is Selected and applied by the conferencing Server 
(step 230). The decoded audio data for each participant is 
Stored in a queue, Such as a first in, first out (FIFO) memory 
Structure. Jitter compensation is then applied to each of the 
decoded audio Streams and the individual Streams are then 
mixed into a common audio stream (250). 
0033. In the case where the media includes a video 
component, the Video components are not generally mixed, 
as the composite Video would not be meaningful. In this 
case, the Video components can be replicated and multi 
plexed (Step 260) with the outgoing audio. In the case of 
multiple party Video, each participant having a Suitably 
enable user agent device can Select which other participants 
Video should be displayed in one or more display windows 
at the user's endpoint device. Prior to distributing the mixed 
audio, it is preferable to remove the participants own audio 
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contribution from the common audio Stream being delivered 
to that participant. The media Streams for each participant 
are then encoded in accordance with a Suitable media 
encoding protocol (Step 270) and the conferenced media 
Streams are distributed over the data network to the confer 
ence participants (step 280). 
0034. As illustrated in the simplified block diagram of 
FIG. 3, the conferencing server 118 will generally include a 
SIP signaling interface 305, an H.323 signaling interface 310 
and a SIP/PSTN gateway interface 315 which are each 
coupled to a media conferencing module 320. In the event 
that the system is intended only for use with SIP user agents, 
the H.323 signaling interface 310 and SIP/PSTN gateway 
interface 315 are not required. The architecture and opera 
tion of the media conferencing module 320 of the confer 
encing server 118 is further illustrated in FIGS. 4-6. 
0035 FIG. 4 is a simplified operational block diagram of 
an embodiment of the media conferencing module 320 for a 
case with three conference participants, A, B, C. Media 
Streams are generally received by the conferencing Server 
118 over a network, Such as the Internet, in the form of 
packetized, compressed audio data in compliance with one 
of several media CODEC protocols such as G.711, DVI 
ADPCM, GSM and the like. When a participant can Support 
multiple CODEC protocols, these will generally be identi 
fied in a SIP INVITE request which is performed at the 
initiation of a conference or when a new participant joins an 
ongoing conference. Generally, the incoming packetized 
media data includes a header with data identifying the 
protocol of the media data. Based on the protocol of the 
media data, a decoder 402 corresponding to that media 
Stream will be Selected or configured to decode the received 
audio data. The decoded data is in the form of decompressed 
linear audio Samples which are Sequentially Stored in a 
corresponding data queue 404 along with an RTP time 
Stamp. 

0036 Because of the nature of data transmission via the 
Internet and other like packet data networks, temporal jitter 
will be encountered in the arrival time of the media streams. 
Accordingly, a jitter correction processing operation 406 is 
required. Jitter correction can take the form of a dynamic 
play-out delay algorithm, Such as that described in "Adap 
tive play-out mechanisms for packetized audio applications 
in wide-area networks,” by R. Ramjee et al., Proceedings of 
the Conference on Computer Communications (IEEE Info 
com), pp 680-688, IEEE Computer Society Press, June 
1994, the disclosure of which is hereby incorporated by 
reference in its entirety. 
0037 After jitter correction is performed, the incoming 
media streams are combined by a mixer 408. Audio mixing 
can be accomplished by Simple addition of the linear audio 
Samples in each temporally corresponding queue entry to 
derive a mixed linear Stream. It is undesirable for a confer 
ence participant to receive his or her own audio in the mixed 
audio stream. Accordingly, the mixer 408 Subtracts out each 
participants audio component from the mixed Stream to 
generate a participant specific mixed Stream. Thus, partici 
pant A would receive a stream including the audio from 
participants B and C, but not her own audio. Similarly, B 
will receive a mixed audio stream of A+C and C will receive 
a mixed audio stream, A+B. The individual mixed Streams 
are then passed to encoders 410a, 410b, 410c which encode 
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the mixed Streams in accordance with a media protocol 
Supported by the particular participant. 
0038 FIG. 5 is a pictorial diagram which further illus 
trates an example of the operation of the media conferencing 
module 320. In the example of FIG. 5, there are three 
conference participants A, B and C. In this example, it is 
assumed that participant A Supports G.711 Mu, participant B 
supports DVI, and participant C supports both GSM and the 
G.711 Mu CODEC protocols. This information is conveyed 
to conferencing Server 118 by each participant endpoint in 
the form of a SIP INVITE request. The intersection of 
CODEC protocols for these participants is G.711 Mu (A and 
C) and DVI (B). Thus, only these two encoders need to be 
utilized by the conferencing server 118. 
0039. As the encoded and compressed audio packets are 
received from each active conference participant, an appro 
priate decoder is used to extract linear audio Samples cor 
responding to the actual audio content. For example, for 
participant A, decoder 502A is selected as a G.711 Mu 
CODEC, whereas for participant B, a DVI CODEC is 
applied and for participant C a GSM CODEC is used. As the 
individual audio Streams are decoded, the linear audio 
Samples are Stored in a corresponding queue 504 along with 
an RTP time Stamp. A play-out delay algorithm is then 
applied to the data in each of the participant queues in order 
to compensate for arrival time jitter in each Stream. A System 
timer 507 in the conferencing server 118 periodically strobes 
the data from the individual participant queues into the 
mixer 508 which generates a mixed linear stream having all 
of the participants audio aggregated into a common Stream, 
X. This can be performed by adding the values of each 
corresponding linear audio Sample. 
0040. If there are participants who are inactive, i.e., only 
listening not contributing to the audio Stream, the common 
Stream, X, can be encoded and distributed to those listeners 
in accordance with the particular CODEC protocols. How 
ever, for those participants which are active Speakers, the 
mixer 408 extracts the participants own audio component 
from the common Stream before encoding and Sending the 
Stream to the participant. For example, participant A will 
receive the composite audio of X-A which in this case is 
equal to the composite audio of B+C. This can be performed 
by Simply Subtracting the value of the Samples in the queue 
for participant A from those of corresponding values in the 
queue for Stream X. The composite audio X-A is then 
provided to a G.711. Mu encoder 410A and the encoded 
stream is provided to participant Avia the data network 106. 
Similarly, encoders 510B and 510C receive and encode the 
Streams for participants B and C, respectively. 
0041 FIG. 6 is a flow diagram illustrating an example of 
the operation of an embodiment of the media conferencing 
module which groups participants of a conference Support 
ing like protocols together to optimize encoder operations. 
In FIG. 6, there are six participants, A-F, respectively. 
Participants A-D support a first CODEC protocol, G.711, 
whereas participants E, F, Support a Second CODEC proto 
col, GSM. Participants B and D are active participants, as 
illustrated by the partitions shown in queues 600B and 600D 
whereas participants A, C, E and F are inactive listeners at 
the moment of interest, as illustrated by empty queues 600A, 
600C, 600E and 600F. 
0042. The audio streams from participants B and D are 
decoded by G.711 decoders 602 and are then mixed to form 
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aggregate audio Stream, X=B+D. The mixer/encoder pro 
cessing block recognizes that listenerS A and C have a 
common protocol (G.711) and that listeners E and F also 
share a common protocol (GSM). Thus rather than sepa 
rately encoding Stream X for A and C, the G.711 encoder can 
be invoked a single time for Stream X and the encoded 
aggregate Stream forwarded to participants A and C. Simi 
larly, the GSM encoder can be invoked once for the stream 
X and the encoded aggregate Stream forwarded to partici 
pants E and F. 
0043. For each active participant, that participants own 
audio is removed from the aggregate Stream prior to encod 
ing. Thus, for participant B, the participant Stream X-B is 
generated, encoded and transmitted to participant B. Simi 
larly, the participant Stream X-D is generated, encoded and 
transmitted to participant D. The advantage in this proceSS 
ing is that for the Six participants, only four encoding 
operations are required. For large conferences, which gen 
erally include a larger number of listeners as compared to the 
number of active participants, this becomes a significant 
advantage. 

0044) It will be appreciated that while shown in the 
figures as functional blocks, the functions referred to can be 
implemented in computer hardware, Software or a combi 
nation of Such embodiments. It is expected that the most 
common implementations will be implemented in Software 
written for conventional computer platforms that are com 
monly used for computer Server applications, Such as high 
Speed IBM compatible computerS operating with a known 
operating system, such as Windows NTR), LinuxCF), Unix(R) 
operating System or the like. It is well known that Such 
Software is Stored and transported on computer readable 
media, such as computer hard disk drives, CD-ROM optical 
devices, computer read only memory (ROM) and the like 
which configures a computer to perform in accordance with 
the program. Examples of Suitable computer program list 
ings for Such functional blocks are Set forth in the computer 
programs listings in the compact disk appendix filed here 
with. 

004.5 The invention has been described in connection 
with certain preferred embodiments thereof. It will be appre 
ciated that those skilled in the art can modify or alter Such 
embodiments without departing from the Scope and Spirit of 
the invention which is Set forth in the appended claims. 

What is claimed is: 
1. A conferencing Server for establishing multi-party call 

conference Services in a data network telephony System, 
comprising: 

a Session initiation protocol (SIP) signaling interface; and 
a media conferencing module, the media conferencing 

module comprising: 
a plurality of Selectable media decoders, 
a plurality of media Stream queues Selectively coupled 

to Said plurality of media decoders, 
a jitter correction processor, the jitter correction pro 

ceSSor compensating arrival time jitter in the data 
Stored in the media Stream queues; 

a mixer, the mixer receiving the jitter corrected data 
from each of the queues, generating an aggregate 
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conferencing Stream of all active participants, and 
generating individual participant conference Streams 
for each active participant in the conference; and 

a plurality of Selectable media encoders, the Selectable 
media encoders being Selectively coupled to the 
individual participant conference Streams in accor 
dance with a protocol Supported by the respective 
participant. 

2. The conferencing Server of claim 1, wherein the indi 
vidual participant conference Streams are formed by Sub 
tracting a corresponding active participant audio Stream 
from the aggregate conferencing Stream. 

3. The conferencing Server of claim 1, wherein the media 
conferencing module determines at least one media CODEC 
protocol Supported by each conference participant and 
wherein the Selectable media decoders are configured in 
accordance with said media CODEC protocols. 

4. The conferencing server of claim 3, wherein the media 
CODEC protocols are determined in accordance with SIP 
INVITE request messages received from conference partici 
pants via the SIP Signaling interface. 

5. The conferencing server of claim 3, wherein the media 
conferencing module determines a minimum Set of media 
CODEC protocols supported by the inactive participants in 
the conference, and wherein for each media CODEC pro 
tocol in the minimum Set, at least one of Said Selectable 
media encoderS is configured to encode the aggregate con 
ferencing Stream. 

6. The conferencing server of claim 3, wherein the jitter 
correction processor takes the form of a dynamic play-out 
delay algorithm. 

7. The conferencing Server of claim 1, further comprising 
a SIP to H.323 protocol gateway interface operatively 
coupled to the media conferencing module. 

8. The conferencing Server of claim 1, further comprising 
a SIP to PSTN protocol gateway interface operatively 
coupled to the media conferencing module. 

9. A method of commencing a plurality of conference 
participant audio Streams comprising: 

identifying at least one media CODEC protocol for each 
conference participant; 

decoding each audio Stream in accordance with a corre 
sponding identified CODEC protocol; 

compensating each decoded audio Stream for arrival time 
jitter; 

mixing each of the audio Streams into an aggregate audio 
Stream, 

for each active participant, Subtracting that participants 
audio stream from the aggregate audio Stream to gen 
erate a corresponding participant conference Stream; 

encoding each participant conference Stream in accor 
dance with an identified CODEC protocol for the 
participant; and 

delivering the encoded participant conference Streams to 
the corresponding participants. 

10. The method of conferencing according to claim 9, 
further comprising: 

identifying the CODEC protocols supported by each 
inactive participant in the conference; 
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identifying a minimum set of CODEC protocols for the 
inactive participants in the conference; 

for each CODEC protocol in the minimum set of CODEC 
protocols, encoding the aggregate audio stream in 
accordance with the Selected protocol and distributing 
the encoded aggregate audio Stream to those inactive 
participant's Supporting the respective CODEC proto 
col. 

11. The method of conferencing according to claim 10, 
wherein the steps of identifying CODEC protocols further 
comprise receiving a SIP INVITE request from each of the 
conference participants identifying those protocols Sup 
ported by the conference participants. 

12. The method of conferencing according to claim 9, 
wherein the step of identifying CODEC protocols further 
comprise receiving a SIP INVITE request from each of the 
conference participants identifying those protocols Sup 
ported by the conference participants. 

13. The method of conferencing according to claim 9, 
wherein the Step of compensating for arrival time jitter 
further comprises the use of a dynamic play-out delay 
algorithm. 

14. Computer readable media programmed to configure a 
computer to perform a method of conferencing a plurality of 
conference participant audio Streams, the computer opera 
tion comprising: 

identifying at least one media CODEC protocol for each 
conference participant; 

decoding each audio stream in accordance with a corre 
sponding identified CODEC protocol; 

compensating each decoded audio stream for arrival time 
jitter; 

mixing each of the audio Streams into an aggregate audio 
Stream, 

for each active participant, Subtracting that participants 
audio stream from the aggregate audio Stream to gen 
erate a corresponding participant conference Stream; 

encoding each participant conference Stream in accor 
dance with an identified CODEC protocol for the 
participant; and 

delivering the encoded participant conference Streams to 
the corresponding participants. 

15. The computer readable media of claim 14 wherein the 
computer operation further comprises: 

identifying the CODEC protocols supported by each 
inactive participant in the conference; 

identifying a minimum set of CODEC protocols for the 
inactive participants in the conference; 

for each CODEC protocol in the minimum set of CODEC 
protocols, encoding the aggregate audio stream in 
accordance with the Selected protocol and distributing 
the encoded aggregate audio Stream to those inactive 
participant's Supporting the respective CODEC proto 
col. 

16. The computer readable media of claim 15, wherein the 
steps of identifying CODEC protocols further comprise 
receiving a SIPINVITE request from each of the conference 
participants identifying those protocols Supported by the 
conference participants. 
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17. The computer readable media according to claim 14, 
wherein the step of identifying CODEC protocols further 
comprises receiving a SIPINVITE request from each of the 
conference participants identifying those protocols Sup 
ported by the conference participants. k 

18. The computer readable media according to claim 14, 
wherein the Step of compensating for arrival time jitter 
further comprises the use of a dynamic play-out algorithm. 

k k k k 


